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1
SIGNAL PROCESSING UNIT EMPLOYING A
BLIND CHANNEL ESTIMATION
ALGORITHM AND METHOD OF
OPERATING A RECEIVER APPARATUS

FIELD OF THE DISCLOSURE

Embodiments of the disclosure refer to a signal processing
unit employing diversity combining. Other embodiments
refer to a method of operating a receiver apparatus of an
electronic device.

DESCRIPTION OF THE RELATED ART

Electronic devices may be provided with multiple receive
antennas to realize diversity combining, for example EGC
(equal gain combining), MRC (maximum ratio combining),
or an SC (selection combining) approach like SSC (switch
and stay combining). Diversity combining relies on channel
state information describing the transmission properties of
each transmission channel. Knowledge of the amplitude and/
or phase information of each transmission channel is obtained
from demodulated receive signals, for example by comparing
training symbols contained in the receive signals with refer-
ence information available at the receiver side, for example
reference signals.

SUMMARY

The object of the present disclosure is providing a cost-
effective signal processing unit employing diversity combin-
ing.

According to an aspect, a signal processing unit is provided
which comprises an estimator unit configured to estimate,
from aplurality of receive signals, frequency-domain channel
vectors of transmission channels on the basis of an iterative
blind channel estimation algorithm, which exploits cross-
relations between pairs of receive signals and which is modi-
fied by a term considering a change in a sparseness measure
obtained from the estimated frequency-domain channel vec-
tors. Each receive signal is assigned to another one of the
transmission channels and originates from the same transmit
signal.

According to a further aspect, a method of operating a
receiver apparatus is provided, the method comprising
obtaining, on the basis of previous estimated frequency-do-
main channel vectors, a sparseness measure containing infor-
mation descriptive for a sparseness of the estimated fre-
quency-domain channel vectors; and estimating, using an
estimator unit, from a plurality of receive signals current
frequency-domain channel vectors of transmission channels
on the basis of an iterative blind channel estimation algorithm
exploiting cross-relations between pairs of receive signals.
The iterative blind channel estimation algorithm is modified
on the basis of a change of the sparseness measure obtained
from the estimated frequency-domain channel vectors, and
each receive signal is assigned to another one of the transmis-
sion channels and originates from the same transmit signal.

According to a further aspect, a signal processing unit is
provided which comprises an estimator unit configured to
estimate, from a plurality of receive signals, frequency-do-
main channel vectors of transmission channels on the basis of
an iterative blind channel estimation algorithm exploiting
cross-relations between pairs of receive signals, wherein each
receive signal is assigned to another one of the transmission
channels and originates from the same transmit signal, a
detecting unit configured to detect, on the basis of the fre-
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2

quency-domain channel vectors a misconvergence behaviour
of the blind channel estimation algorithm or an excess con-
dition for out-of-band energy in a frequency range between an
upper frequency limit of the receive signal and a sample
frequency and to output a control signal indicating a miscon-
vergence behaviour or an excess condition, and a power lim-
iting unit configured to limit a signal energy in frequency
band edge areas of the frequency-domain channel vectors in
response to the control signal, wherein the iterative blind
channel estimation algorithm proceeds with the energy-lim-
ited estimated frequency-domain channel vectors.

According to a further aspect, a signal processing unit is
provided which comprises an estimator unit configured to
estimate, from a plurality of receive signals, frequency-do-
main channel vectors of transmission channels on the basis of
a blind channel estimation algorithm exploiting cross-rela-
tions between pairs of receive signals, wherein each receive
signal is assigned to another one of the transmission channels
and originates from the same transmit signal, and an SNR unit
configured to output SNR information descriptive for current
signal-to-noise ratio values of the channels on the basis of the
values of a cost function minimized by the blind channel
estimation algorithm.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1is a schematic block diagram of a receiver apparatus
employing diversity combining for discussing background
information usable for understanding the disclosure.

FIG. 2A is a schematic block diagram of an electronic
device including a plurality of tuner circuits according to an
embodiment related to wireless communications systems.

FIG. 2B is a schematic block diagram of an electronic
device including a plurality of tuner circuits according to an
embodiment related to wired communications systems.

FIG. 3A is a schematic block diagram of a receiver appa-
ratus employing diversity combining in accordance with an
embodiment.

FIG. 3B is a schematic block diagram showing details of an
embodiment of the signal processing unit of the receiver
apparatus of FIG. 3A.

FIG. 3C is a schematic block diagram showing details of an
embodiment of the estimator unit of the signal processing unit
of FIG. 3B in accordance with an embodiment related to a
time-domain oriented definition of an error signal.

FIG. 3D s a schematic block diagram showing details of an
embodiment of the filter unit of the signal processing unit of
FIG. 3B.

FIG. 3E is a schematic block diagram showing details of an
embodiment of the estimator unit of the signal processing unit
of FIG. 3B in accordance with an embodiment related to a
frequency-domain oriented definition of an error signal.

FIG. 3F is a schematic block diagram showing details of
another embodiment of the estimator unit of the signal pro-
cessing unit of FIG. 3B in accordance with an embodiment
related to a frequency-domain oriented definition of an error
signal.

FIG. 4 shows diagrams illustrating the effect of increasing
sparseness of a channel estimation.

FIG. 5 is a simplified flow-chart of a method of operating a
receiver apparatus using diversity combining in accordance
with a further embodiment.

DETAILED DESCRIPTION

In the following, embodiments of the disclosure are
described. The described embodiments may be combined in
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any way, i.e. there is no limitation that certain described
embodiments may not be combined with others. Throughout
the Figures, the same reference sign denotes same or similar
elements. Other embodiments may be utilized and structural
or logical changes may be made without departing from the
scope of the disclosure. The following detailed description
thereof is not to be taken in a limiting sense, and the scope of
the present disclosure is defined by the appended claims.

FIG. 1 serves to provide an understanding of the back-
ground of the embodiments. Assumed a broadcast station 902
modulates a transmit signal s(t) on a carrier signal and trans-
mits the modulated signal over a transmitter antenna 904,
then a receiver apparatus 900 employing diversity combining
receives the modulated signal on a plurality of M receiving
elements 905, e.g. antennas, wherein each receiving element
905 is connected to one of M tuner circuits 908. The tuner
circuits 908 tune in to the same channel or carrier signal via
which the broadcast station 902 transmits the transmit signal
s(t). Each of the M receiving elements 905 and tuner circuits
908 receives the transmit signal s(t) via a separate transmis-
sion channel. Each transmission channel is described by its
channel impulse response h,(t), withi=1,2 ..., M. Each tuner
circuit 908 is assigned to a receive path and outputs an ana-
logue receive signal r,(t), wherein each analogue receive sig-
nal r,(t) is assigned to one of the M transmission channels.
With n,(t) representing noise on the respective transmission
channel and in the respective tuner circuit 908, equation (1)
describes each receive signal r,(t) as a function of the transmit
signal s(t), the respective channel transfer function h,(t) and
the respective additive channel noise n,(t) for a time-variant
transmission channel:

=@ k(D) +n,(2) M

In each receive path, an A/D (analogue/digital) converter
unit 910 samples the analogue receive signal r,(t) to obtain
digital (sampled) receive signals r,(nT ). In each receive path
a first demodulator 940 synchronizes in time and frequency
with the respective sampled receive signal r,(n'T,) and
extracts training signals (pilots) to obtain channel informa-
tion about the respective transmission channel. For example,
each first demodulator 940 obtains an estimation for the
respective channel impulse response h,(t) by comparing the
extracted training symbols with reference symbols available
at the receiver side. For each receive signal r,(t), different
transmission schemes require different types DEMA-1,
DEMB-1 of first demodulators 140.

On the basis of the knowledge of the channel impulse
responses h,(n'T,), a diversity combining unit 950 deter-

mines a set (vector) of combining coefficients ?i for each
sampled receive signal r,(n"T ;). The diversity combining unit

950 uses the combining coefficients ?i to weight or filter the
sampled receive signals r,(n"T ) or signals derived therefrom
and then combines the weighted or filtered receive signals
with each other to obtain combined receive signals y ,(n'T ),
yz(T ) which represent estimates of the transmit signal s(t).
Different transmission schemes may require different types
of diversity combining units 950.

Second demodulators 980 may synchronize with the com-
bined receive signal y (n'T,), yz(n'T,) and demodulate a
payload portion of the combined receive signals vy (n'T ),
yz(@T,). For example, the second demodulator 980 provides
demapping and decoding according to a transmission scheme
or transmission standard used by the broadcast station 902.
The second demodulator 980 may include further sub-units
for bit error correction and sub-units specific for a transmis-
sion standard the broadcast station 902 applies. Different
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transmission schemes may require different types DEMA-2,
DEMB-2 of second demodulators 980.
The way the diversity combining unit 950 determines the

. . — . .
combining coefficients ¢, on the basis of the respective
receive signal r,(n-'T,) depends on the specific combining
technique. For example, for MRC approaches the estimated

coefficients ?i depend on the respective SNR (signal-to-noise
ratio). With EGC the receive signals are adjusted in phase
before they are summed up with the same gain. For SC one of
the receive signals, for example the one with the best SNR,
may be selected as the signal representing the best estimation
for the transmit signal s(t). For SSC a previously selected
receive signal is maintained as the best estimation until its
SNR falls below a predefined threshold.

Provided that the channel impulse responses h,(t) are
known at the receiver side, and with the assumptions that the
receive signal is disturbed by additive White Gaussian noise
n,(t) with zero mean and that n,(t) and n,(t) are generally
statistically independent for i=k, in other words E[n,(t)n,
(O]=E[n,(t)] E[n(t)]=0, for MRC the combining coefficients
?i may be determined according to equation (2a):

(MRC)=¢ =i * (22)

The resulting combined receive signal y(t) is given by

equation (2b).

(MRO): (=2 (7 Ps )+ T *n(0)) (2b)

For EGC, equation (3a) gives the estimated coefficients ?i
and equation (3b) gives the combined receive signal y(t),
wherein in equation (3a) the term €7 is a vector:

(EGC): ¢ = (3a)

(EGC): y(1y=2 V(1T ls(0yre Pin0)
Equations (2a) and (3a) illustrate that the calculation of the

(3b)

combing coefficients ?i requires knowledge of the respective
channel impulse response h,(t). But conventionally, the chan-
nel impulse response h,(t) was obtained by demodulation of at
least the part of each receive signal containing the training
symbols. Accordingly, each receive signal is demodulated at
least partly before the signals can be combined.

FIG. 2A refers to an embodiment of the disclosure related
to wireless communication systems and illustrates an elec-
tronic device 200 for receiving individual communication
data, for example telephone calls, or broadcast data, for
example television programs or radio programs. The elec-
tronic device 200 may be a stationary device, for example a
radio apparatus, a television set, a set-top box or computer
equipment with radio or television receiver capabilities.
According to another embodiment, the electronic device 200
is a mobile device, for example a cellular phone, a personal
digital assistant, a mobile radio or a portable television appa-
ratus, wherein the mobile device may be a handheld device or
a device mountable in/on a vehicle. The electronic device 200
may include a plurality of appropriately spaced antennas for
receiving electromagnetic radiation as receiving elements
205. The antennas may be arranged on different surfaces or in
different sections of the electronic device 200. In general it
suffices that the distance between two antennas is greater than
half of the wavelength used for transmission in order to ensure
that the receive signals have passed independent transmission
channels.

Each receiving element 205 may be connected to one of a
plurality of tuner circuits 208, wherein the tuner circuits 208
are configured to tune in to the same broadcast channel, for
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example to the same carrier frequency, simultaneously. Each
tuner circuit 208 outputs a receive signal. A signal processing
unit 100 analyzes the receive signals on the basis of a blind
channel estimation approach to estimate channel impulse
responses, wherein the signal processing unit 100 considers a
change of a sparseness measure containing channel sparse-
ness information and/or limits signal power in frequency
band edge areas and/or outputs an estimated SNR (signal-to-
noise ratio). According to an embodiment, the signal process-
ing unit 100 weights or filters the receive signals according to
the results of the estimation, and superposes the weighted or
filtered receive signals to obtain a combined receive signal
that is an estimation of the original transmit signal. Further,
the signal processing unit 100 may provide pre-equalizing of
the combined receive signal using information obtained from
the blind channel estimation. Finally, the signal processing
unit 100 demodulates the combined or pre-equalized receive
signal.

Accordingly, the receiver architecture of the embodiments
provides first combining the receive signals and then
demodulating the combined receive signal. While the signal
processing unit of FIG. 1, when coping with different trans-
mission standards using different demodulation schemes,
requires one instance of the first demodulator unit for each
receive path and for each transmission standard, for the
receiver architecture of the embodiments only one single
instance of a demodulator unit for each transmission standard
suffices.

The signal processing unit 100 includes an estimator unit.
Using a blind channel estimation algorithm, the estimator unit
may estimate the channel impulse responses and obtains esti-

mated channel impulse responses E, on the basis of all
sampled receive signals for each of the receive paths, wherein
the estimator unit may consider a channel sparseness mea-
sure, an out-of-band energy, and/or an estimated SNR. For
example, the estimator unit may limit out-of-band energy in
an iterative blind channel estimation algorithm. The blind
channel estimation is applied before demodulation of the
receive signals.

According to an embodiment, each estimated impulse

response Z, is computed on the basis of sample values of
time-domain instances of the sampled receive signals and a
cost function defined in the time domain. According to

another embodiment, each estimated impulse response Z, is
computed on the basis of a cost function defined in the fre-
quency-domain.

The signal processing unit 100 further includes a combin-
ing unit that combines the receive signals on the basis of the

estimated impulse responses E,. obtained by the blind chan-
nel estimation. According to an embodiment, the estimated

impulse responses Z, are used to configure a matched filter
for each receive path, wherein each matched filter matches the
transmission channel assigned to the respective receive path.
The combining unit may or may not pre-equalize the com-
bined signal on the basis of information obtained by the blind
channel estimation and forwards the combined or the pre-
equalized receive signal representing an estimation of the
transmit signal s(t) to a demodulator unit. The demodulator
unit may include a further equalizer unit that may exploit
information contained in the transmit signal to eliminate dis-
tortions introduced by the transmission channels and the
combiner unit. The signal processing unit 100 may output the
demodulated signal to a control unit 290.
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The control unit 290 may control an output device 294 to
output information encoded in the demodulated signal. For
example, the output unit 294 may be a screen displaying a
television program encoded in the transmit signal s(t).
According to another embodiment, the output unit 294 out-
puts audio information encoded in the transmit signal s(t).
The electronic device 200 may further include an input unit
296, for example a keypad or a sensor array applied to the
output unit 294 for allowing a user to control the electronic
device 200.

FIG. 2B refers to an embodiment of an electronic device
200 for a wired communication system using a single-input-
multiple-output (SIMO) or a multiple-input-multiple output
(MIMO) approach, for example DSL (digital subscriber line)
or PLC (power line communications). The receiving elements
205 may be terminals of a connector block receiving, by way
of'example, one, two or three life wires, a neutral wire and/or
an earth wire of a power line network. Tuner circuits 208 may
tune in to the same carrier frequency and supply receive
signals r,(t) to a signal processing unit 100. The signal pro-
cessing unit 100 performs a blind channel estimation for
obtaining channel information. The signal processing unit
100 may apply diversity combining to obtain a coarse esti-
mation of the transmitted signal on the basis of the results of
the blind channel estimation, may or may not pre-equalize the
combined signal on the basis of information obtained by the
blind channel estimation, demodulates the combined or pre-
equalized signal, and outputs the demodulated signal to a
control unit 290. The control unit 290 may process the
demodulated signal and an interface unit 298 may output the
processed signal.

FIG. 3A shows details of a signal processing unit 100 being
integrated in a receiver apparatus of an electronic device 200,
e. g. in a television receiver. The receiver apparatus includes
receiving elements 205 and tuner circuits 208. The signal
processor unit 100 may include a plurality of A/D converter
units 110, wherein each A/D converter unit 110 samples the
respective analogue receive signal r,(t) at a predefined sample
rate 1/T ;. From the sampled receive signals r,(nT ), an esti-

mator unit 120 derives the estimated impulse response E for
each sampled receive signal r,(n-T ), wherein the estimator
unit 120 may adapt an iterative blind channel estimation
algorithm according to a sparseness measure obtained by the
estimates. A combining unit 130 combines the sampled
receive signals r,(n'T ) or signals derived therefrom on the
basis of combining coefficients derived from the estimated

impulse responses ﬁ,. to obtain one combined receive signal
y(n'T,), which is an estimate of a transmit signal s(t) trans-
mitted via the plurality of transmission channels.

One or more demodulator units 180 of different types
DEMA, DEMB, . . . may synchronize and demodulate the
combined receive signal y(n'T,) by multiplying the com-
bined receive signal y(n-T ) with an analyzing signal having
a demodulator frequency. One or more of the demodulator
units 180 may use the combined receive signal y(n'T ) in the
time domain. According to an embodiment, at least one of the
demodulator units 180 uses a frequency domain representa-
tion of the combined receive signal y(n-T ). Then a transfor-
mation unit 170 may be provided in a signal path between the
combining unit 130 and the demodulator units 180 using the
frequency domain representation. The transformation unit
may apply a DFT (discrete Fourier transform) to the com-
bined receive signal to obtain a corresponding description of
the combined receive signal in the frequency domain.
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One or more of the demodulator units 180 may be config-
ured to demodulate analogue television broadcast signals fol-
lowing different television broadcast standards, other
demodulator units 180 may be adapted to demodulate digital
television broadcast signals, digital radio broadcast signals or
analogue radio broadcast signals. According to an embodi-
ment, at least one of the demodulator units 180 may include a
quadrature demodulator, or an OFDM (orthogonal frequency
division multiplexing) demodulator. One or more of the
demodulator units 180 may further modify the demodulated
receive signal using information encoded in the receive sig-
nal. The demodulator units 180 may include bit error correc-
tion units using bit error detection and correction approaches
to correct bit errors in the digital data stream.

As regards the estimator unit 120, the idea may be a blind
diversity combining approach deriving the combining coef-

ficients ?i for the receive signal r,(t) from a blind channel
estimation of the respective channel impulse response h,(t),
wherein a blind channel estimation algorithm is modified
according to sparseness information about the estimation
results, wherein the sparseness information contains informa-
tion about a change of a sparseness measure. Remarkably,
though blind channel estimation algorithms contain at least a
scalar ambiguity in their estimates, diversity combining can
still be applied at a profit: As the inventors could show, diver-
sity combining (even MRC) is robust against the kind of
scalar ambiguity introduced by the blind channel estimation
algorithm. Hence, other than in conventional approaches
where determination of the channel impulse response
depends on knowledge about the structure of the transmitted
signal (e. g. about whether the signal is an OFDM signal etc.)
and/or about a training sequence in the transmitted signal and
typically requires exact time, frequency and sample clock
synchronization before reference or training symbols can be
identified and used for channel estimation, blind diversity
combining as proposed herein neither requires frequency nor
sample clock synchronization before the combining step.

Instead, blind diversity combining exploits cross-relation
statistics between the receive signals and uses not-demodu-
lated instances of the receive signals. The blind diversity
combining may be based on higher order statistics cross rela-
tions. According to an embodiment, the blind diversity com-
bining uses second-order statistics cross relations. According
to further embodiments, the blind diversity combining does
not rely on knowledge on the type of modulation applied to
obtain the transmit signal and on the type of demodulation
required to demodulate the receive signal. Where conven-
tional approaches which consider individual channel transfer
functions have to instantiate a demodulator unit employing
demodulation and synchronization for each of the receive
paths, the blind channel estimation requires this portion of the
demodulator unit only once for the combined receive signal.
Where systems contain several types of demodulators, each
type dedicated to another communication system technology
orcommunication standard, blind diversity combining allows
instantiating only one single demodulator for each commu-
nication system or communication standard respectively. As a
result, in a MIMO (multiple-input-multiple-output) or SIMO
(single-input-multiple-output) communication system blind
diversity combining reduces costs for diversity receivers sig-
nificantly.

FIG. 3B shows details of the estimator unit 120 and the
combining unit 130 of a signal processor unit 100 according
to an embodiment applying a blind channel estimation based
on a cost function defined in the time domain in combination
with MRC. The estimator unit 120 receives the sampled
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receive signals r{(n-T,). According to an embodiment, the
estimator unit 120 applies the MCLMS (multi-channel least
mean squares) approach.

The MCLMS approach relies on the observation that in the
absence of noise for each pair of receive signals equation (4)
holds:

(O h(=r (O *h (1) *

The observed deviation from this assumption is considered
to represent an error signal as regards the cross-relation
between the receive signals 1 and j. From the error signals of
all pairs of sampled receive signals r,(n-T ;) a cost function is
defined. The cost function includes a cross-relation matrix
containing information about the cross relations between all
pairs of receive signals. An iterative approach for an estima-
tion of the channel impulse responses h,(n-T,) obtains
updated values h,((a+1)-T,) on the basis of previously
obtained values h,((a)-T ), the updated error signals and the
updated cross-relation matrix. According to another embodi-
ment, a MCN (multi-channel Newton) algorithm may be
applied to accelerate the convergence of the algorithm. In
accordance with further embodiments, the estimator unit 120
instantiates a plurality of different blind channel estimation
algorithms and may select the current blind channel estima-
tion algorithm according to an internal state or in response to
a first selection signal sell. The estimator unit 120 continu-
ously outputs the results of the estimation, e.g. the estimated

channel impulse responses iz',. , to a control unit 132.

Based on the estimated impulse responses ﬁ,. and the pre-
defined or currently selected combining scheme, the control
unit 132 may continuously update filter coefficients of filter
units 134 provided in the signal path of the sampled receive
signals. The control unit 132 may be programmable and may
switch between MRC, EGC and SC upon an appropriate
second selection signal sel2 or in response to a change of an
internal state. According to an embodiment providing SC, the
control unit 132 configures a filter unit 134 arranged in the
signal path of the receive signal which has been identified as
the least disturbed receive signal by the estimated impulse

responses ﬁ,. to let the least disturbed receive signal pass,
whereas all other filter units 134 are configured to block the
other receive signals.

According to an embodiment applying MRC, the control
unit 132 derives combining coefficients that configure the
filter units 134 to represent matched filters which match with
the respective estimated transmission channel respectively.
Each filter unit 134 convolves the respective receive signal
with the respective matched filter function.

A superposing unit 136 adds up or superposes the filtered
or weighted receive signals to generate the combined receive
signal y(n-T ) representing an estimation of the transmit sig-
nal.

The signal processing unit 130 may further comprise a
pre-equalizer unit 138 which equalizes the combined receive
signal and which outputs a pre-equalized signal z(n'T ). The
pre-equalizer unit 138 may use information obtained from the
blind channel estimation algorithm. Applying blind diversity
selection, the combined receive signal may have approxi-
mately twice the length of the longest channel impulse
response. This would directly increase the required order of
an equalizer that is effective in the following demodulator
stage. In OFDM systems a guard interval violation could
occur. According to an embodiment, the pre-equalizer unit
138 applies a delay spread minimization algorithm. Accord-
ing to another embodiment, the pre-equalizer unit 138 is
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designed to mitigate fast time-variant channel eftects such as
inter-carrier interference in a subsequent OFDM demodula-
tor. Pre-equalizing is performed before demodulation of the
combined receive signal. Pre-equalizing may be performed
before or after Fourier transforming the combined receive
signal into the frequency domain.

According to an embodiment providing the MCLMS
approach, the estimator unit 120 estimates channel impulse
responses using only second-order statistics of the receive
signals r,(t) in the time domain. For example, the estimator
unit 120 applies a cross-relation approach minimizing an
error function derived from cross-relation information con-
cerning pairs r,(t), r,(t) of receive signals respectively. In the
absence of noise, equation (1) can be rewritten as indicated in
equation (5):

1= =y =12, L, Mz (5)
Equation (6) reflects equation (5) in vector form:
7iT(n)ﬁj(n):7jT(n)ﬁi(n) (6)

With L defining the maximum length (channel order) of the
channel impulse responses, equation (6a) gives a channel

impulse response vector Hi(n) for channel i:

H =Th o (1) . . Ry ()]

In the presence of noise, the terms on both sides of equation
(6) differ from each other. According to an embodiment, the
difference defines an error signal e, (n) between the two chan-
nels iand j:

(62)

M @

ST, ST, . P
s Wk —F (W, , L j=1,2,...
e‘_j(n):{r‘(nu ik, 0% i j y

0, i=j ij=1,2 ..

From the error signals e;(n), a cost function may be derived
that considers all error signals e,(n). Equation (8) gives an
example for a cost function in accordance with an embodi-
ment that is based on all error signals e, (n) between each pair
of the receive signals:

Je)=Z M M ()

®)

Other embodiments may rely on differently defined error
signals or on other derivatives of the error signals e, (n). An

estimate / of channel impulse response vectors T aims at
minimizing the cost function J(n) according to equation (9):

~
5

h —arg ming; E{J(n)}

subject to i—z‘ =1, wherein i—z‘ represents the magnitude norm
of the estimated channel impulse response vectors. Calcula-

©

tion of the estimated channel impulse response vectors h may

rely on the observation that the vector T of channel impulse
responses lies in the null space of a matrix R whose entries
include autocorrelation and cross-correlation information
about the receive signals r,(t) as given in equation (10):
R7 =0 (10)

The matrix R is given by the mathematical expectation
values err,- of two receive signals r,(t) and (1), respectively:
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ZR’i’i Ry —Royn (102)
i#1
~Riry ZR’i’i ~Ruyn
R= i#2
“Repny ~Repry : ZR’i’i
=M
Rer, = EFF o) i j=1,2, .. M (10b)
iy J
h=[H W o BT (10¢)

In equation (10b) E{ . . . } represents the mathematical
expectation operator. According to an embodiment, the esti-
mator unit 120 minimizes the cost function by updating the
estimated channel impulse response vector adaptively
according to equation (11):

. i) = 2uRh an
S 1) 2 0= 2RO

’%) — 2uRmylin)

In equation (11), u represents a predefined positive step
size parameter. The MCLMS algorithm converges steadily to
the desired solution. According to another embodiment, the
MCN (multi-channel Newton) algorithm is applied to accel-
erate the convergence.

FIG. 3C schematically illustrates an embodiment of the
estimator unit 120 instantiating the algorithm according to
equations (5) to (11). A correlation unit 121 derives autocor-
relation and cross-correlation information from the receive
signals r(t) and provides information describing a cross-cor-
relation matrix approximation R. A storage unit 129 stores the

estimated channel impulse response vectors h (n) obtained
from the preceding iteration step. An iteration unit 125 deter-
mines the updated estimated channel impulse response vector

h (n+1) from the cross-correlation matrix approximation R,
the step-size parameter L and the previous estimated channel

impulse response vector h (n).

Since no information about s(t) is used, blind diversity
combining is independent from the applied transmission stan-
dard and can be applied to different transmission systems and
standards. Blind diversity combining works with both single-
carrier and multi-carrier signals and does not require a rede-
sign of existing demodulators.

Since the estimation unit 120 does not synchronize in time
with the receive signals, the receive signal may be sampled at
a sample rate (sample frequency) that is higher than an upper
frequency limit of the receive signal. For example, the sample
rate is twice the upper frequency limit of the receive signal. As
a result, the sampled receive signal may also contain portions
from outside the receive signal (out-of-band energy). The
out-of-band energy increases the number of possibilities for a
channel estimate and may lead to a misconvergence of the
estimate.

According to an embodiment, the estimator unit 120 may
include a detecting unit 128a and a power limiting unit 1285.
The detecting unit 128a may detect a misconvergence of the
iteration algorithm or a criterion that potentially may result in
a misconvergence. For example the detecting unit 128a may
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evaluate differences between two or more consecutive esti-
mates for the channel vectors. When, at a certain iteration
step, the differences between two or more consecutive esti-
mates for the channel vectors exceed a predetermined thresh-
old, the detecting unit 128a may output a control signal indi-
cating a misconvergence to the power limiting unit 1285.
According to an embodiment, the detecting unit 128 deter-
mines the out-of-band signal energy of the estimated channel
vectors and outputs a control signal indicating a potential
misconvergence if the determined out-of-band energy
exceeds a predetermined threshold. The evaluation of the
out-of-band energy may be performed adaptively by using
varying thresholds depending on a previously applied thresh-
old and the currently estimated channel vectors.

In response to the control signal, the power limiting unit
1286 attenuates higher frequency portions in the estimated
channel vectors and the iteration algorithm uses the attenu-
ated estimated channel vectors in the next iteration step. The
higher frequency portions are in a frequency range between
the upper frequency limit of the receive signal and the sample
frequency. According to an embodiment, the power limitation
or clipping may be performed iteratively. The power limiting
unit 1285 may release or successively decrease the attenua-
tion of the higher frequency portions when the detecting unit
128a detects a more convergent behaviour of the iteration
algorithm and outputs a corresponding control signal.

The attenuation of the higher frequency portions may start
for frequencies just below the sample frequency and may
successively proceed to lower frequencies. According to
another embodiment, first a small attenuation is applied to
nearly all frequency components between the upper fre-
quency edge of the receive signal and the sample frequency
and the degree of attenuation is gradually increased. Other
embodiments may combine both approaches.

According to an embodiment, the power limiting unit 1285
filters the estimated channel vectors by limiting the maximum
affordable power for frequency band edge areas of the esti-
mated channel vectors. The power limiting unit 1285 may use
a DFT or akind of filtering to obtain the required information
and to limit the out-of-band energy. The power limiting unit
1285 may be provided in a signal path between the output of
the iteration unit 125 and the input of the storage unit 129 or
in a signal path between the output of the storage unit 129 and
an input of the iteration unit 125.

FIG. 3D refers to details of the filter units 134. Each filter
unit 134 may comprise delay units 134a for providing
delayed instances of the respective receive signal r,(t,n'T )
delayed by multiples of T,. A configurable weighting unit
1345 is assigned to each delayed instance, which multiplies
the respective instance of the concerned receive signal r,t,
n-T,) with the corresponding set of combining coefficients
c,(t,nT ). The output signals of the weighting units 1345 are
combined or superposed using summation units 134¢ to gen-
erate the filtered signal y,(t,n-T ).

Other embodiments of the estimator unit 120 may provide

an iterative estimation of channel vectors Ei(m) in the fre-
quency domain (channel transfer functions), with the index
(1) identifying the channel number.

For example, the estimator unit 120 illustrated in FIG. 3E
refers to an embodiment providing the MCFLMS (multi-
channel frequency least mean square) algorithm. MCFLMS
derives frequency-domain block error sequence vectors

El.j(m) for all M channels on the basis of an overlap-save or
overlap-add technique used for frequency-domain filtering.
For a current block m of 2L, sample values, MCFLMS con-
structs a frequency-domain mean square error criterion
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analogously to the above-discussed time-domain approach.
Then an iteration algorithm updates the frequency-domain

channel vectors Ei(m) for the next block (m+1).
For applying the overlap-save technique, first a vector

7 ;m) (4, j=1, 2, .. ., M) of length 21 may be defined that
results from the circular convolution of the receive signal

— . .
vectors r, and the estimated channel impulse response vec-

tors Zj as given by equations (12), (13), (14), and (15):
T ym=c, it o(m) (12

_)_7 ij(m):wij(mL—TL)ﬁij(mL—LH) B O AT

(mL+l-1)] a3
rmL—1)  rmL+L-1) ... rmL—L+1) 14
rimL-L+1) rimL-1L) - ribmL—L+2)
G m) = ri(mL) ri(mL—1) ribmL+ 1)
rimL+L=1) rimL+1=2) ... rimL=1)
e . . (15)
i =[G o T, ]
=[hyotm) hyyomy . kgm0 L O]T

With equation (12), the last L values from ¥,(mL) to ¥,
(mL+L-1) are identical to the results of a linear convolution
as given by equation (16):

)71'/(’”): WszLOI.V ij(m): WLx2L01Cr1-h jlo(m):WLx

2L01CriW2LxLloh Am)

(16)
with

¥ M=y ML)y mL+1) . .. y(mL+L-1)]"

LA

Wt =10 pr)”

B oyl o(mi ) .y ("

In equation (16), h {m) is the estimated channel vector in
the frequency domain for the j-th channel. The W matrices are
used to realize the zero padding and masking for the overlap-
save technique. In particular, utilizing the overlap-save tech-
nique, the input data blocks are overlapped by L points. For
each block of length L, where 21 data inputs are available, the
first L circular convolution results are discarded and the last L
convolution results are retained as outputs. Equation (16) can
be used to define a time-domain block error signal vector

?ij(m) between the i-th and the j-th channels for the m-th
block on the basis of the respective C, matrices:

€ M= )= ¥ ) =W, O C Wog O H (m)-

erWzLxLloil.i (m)] an

In equation (17) C,, and C,j are circulant matrices. The
MCFLMS approach exploits the fact that C, can be decom-
posed in a diagonal matrix D, in the frequency domain using
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equation (18), with F,;, ,, being the Fourier transform matrix
of size 2Lx2L:

18)

With equation (18) it can be shown that frequency-domain

C,(m)=F 2Lx2L712ri(m)F 2021

block error sequence vectors El.j(m) can be used in the itera-
tion step instead of the time-domain block error signal vectors

?ij(m). To this purpose, the frequency-domain block error
sequence vectors El.j(m) are defined as the Fourier trans-

formed of the time-domain block error signal vectors ?ij(m)
by multiplying the time-domain block error signal vectors

?ij(m) with a Fourier matrix of size LxL according to equa-
tion (19):

Em=Fr,q € ,(m) 19

Inserting equation (17) in equation (19) and then applying
equation (18) gives equation (20):

Eij(m):WLxZLOIX [Qrip_V2LxL10 h j(m)_er

Wors O, ()] 20)

Due to the nature of the diagonal matrix D, the computa-
tional burden to obtain the frequency-domain block error

sequence vectors Eij(m) is low compared to that required to

obtain the time-domain block error signal vectors ?ij(m),
such that in the frequency domain a fewer number of multi-
plications replaces the higher number of multiplications in
the computationally intensive convolution of the i-th receive

signal r,(n) and the impulse response Hj(n) of'the j-th channel
estimation, which is required for the calculation of the time-

domain block error signal vectors ?ij(m) according to equa-
tion (7). Then a frequency-domain mean square error crite-
rion for the m-th block is constructed analogously to the
time-domain approach. From the error criterion, the fre-
quency-domain LMS algorithm updates the frequency-do-
main channel vectors for the (m+1)-th block from the fre-
quency-domain channel vectors of the m-th block according
to equations (21), (22), and (23):

@D

. M
) I m) = e W%, S D WL 8 om)
hym+1)= =

A
k=1,2,... .M

_ 1 H (22)

W, = Frapl lixe Oner 1Fopar = z(ﬂéng)

a1 23
W, =Pl Opa I 1 FEl = z(ﬂglsz)H

In FIG. 3E, the estimator unit 120 includes register units
122 to provide, for each receive path, 2L sampled values of
the receive signals in appropriate form to discrete Fourier
transform units 123. The Fourier transform units 123 output
the respective diagonal matrices to an error calculator unit
124. The error calculator unit 124 uses an overlap-save
approach to determine a frequency-domain block error
sequence vector using the Diagonal matrices and the previ-
ously obtained estimated frequency domain channel vector.
The error calculator unit 124 outputs the frequency-domain
block error sequence vector to an iteration unit 125. The
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iteration unit 125 updates the estimated frequency-domain
channel vectors on the basis of the previously obtained esti-
mated frequency-domain channel vectors, the updated fre-
quency-domain block error sequence vector, the Diagonal
matrices and a predefined step size parameter |i.. A storage
unit 129 stores the updated estimated frequency-domain

channel vectors % for the next iteration step. An inverse
transformation unit 126 applies an inverse discrete Fourier
transform to obtain the updated time-domain channel impulse

response vectors Z, . According to other embodiments, the
estimator unit 120 includes further sub-units to perform a
MCNFLMS (multi-channel normalized frequency least
mean square) algorithm.

According to an embodiment, the estimator unit 120 com-
prises a sparseness evaluation unit 127 and an adjustment unit
125a. The sparseness evaluation unit 127 estimates a sparse-

ness measure § (n) on the basis of the estimated channel
impulse response vectors h .The adjustment unit 124a modi-

fies the estimated channel impulse response vectors % onthe
basis of the sparseness measure in a way that channel sparse-
ness of the estimated channels is increased.

In general, sparseness measures give the degree of sparse-
ness for an impulse response, wherein impulse responses that
concentrate in few coefficients are sparser and less dispersive
than impulse responses that distribute over more coefficients.
Usually a channel is the sparser the fewer non-zero channel
coefficients the channel has. The sparseness measure may be
any sparseness measure published in the context of transmis-
sion channel sparseness. According to an embodiment, the

sparseness measure 3 (n) is given by equation (24):

5 24
i, } oY
VElil,

S(m) L 1
n) = -
LV

with 06 (n)=<1. A low value for G (n) indicates a nearly
dispersive channel and a value close to 1 indicates a sparse
channel. With the sparseness measure as defined in equation
(24) blind diversity combining schemes yield more reliable
results.

The sparseness evaluation unit 127 may use time-domain
impulse responses obtained by inverse Fourier transforma-
tion of the delayed (stored) estimated frequency-domain
channel vectors. According to the illustrated embodiment, a
second storage unit 127¢ delays or stores the updated time-
domain channel impulse response vectors obtained by the
inverse transformation unit 126 and supplies them to the
sparseness evaluation unit 127c.

The adjustment unit 125a adjusts the estimated frequency-
domain channel vectors on the basis of the obtained sparse-
ness measure. For example, the adjustment unit 125a reduces
the estimated frequency-domain channel vectors within the
iteration loop by an amount defined by an adjustment term
derived from the obtained sparseness measure.

The adjustment unit 125¢ may modify the updated esti-
mated frequency-domain channel vectors on the basis of an
adjustment term that increases the sparseness of the estima-
tion with ongoing iterations, thereby exploiting the fact that
for many applications real transmission channels appear
sparser than their estimates. For example, in real broadcast
transmission obstacles reflect the transmission signals. As a
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result, various delayed versions of the transmission signal
superpose each other at the receiver side. Each reflection of
the real transmission signal corresponds to a high coefficient
value in the channel impulse response at a time point given by
the position of the obstacle. It can be observed that impulse
responses for real transmission channels often contain only
few strong coefficients resulting from reflections, whereas the
impulse responses are flat and near zero in the rest.

The adjustment term may or may not consider previous
channel estimations. According to an embodiment, the
adjustment term considers both the sparseness measure and at
least the previously estimated channel impulse response vec-
tors.

An example is given in equations (25), (25a) and (25b),
wherein the adjustment term contains an adjustment param-

eter A, derived from the sparseness measure S (n).

ES ES ES (25)
Bym+ 1) = Am+ 1) - Ak
I (25a)
d ’zk (n)
PR
ahy
. p-1 (25b)

R = pesigli)- G+ €) 5
l=1,... . ML+

In general, the adjustment unit 125¢ may modify the
updated estimated frequency-domain channel vectors such
that for each transmission channel the sum of the channel
impulse response coefficients is minimized and at the same
time an energy represented by the respective transmission
channel impulse response is maintained.

The adjustment parameter A, is derived from the current
sparseness measure such that an unwanted error floor can be
avoided. The derivation of the adjustment parameter A, from
the sparseness measure may depend on various constraints
such as the assumed sparseness of the real transmission chan-
nel.

According to an embodiment, on the basis of the sparse-
ness measure a differentiator unit 1276 may provide the
adjustment parameter A, such that the adjustment term in
equation (25) is relevant only as long as the algorithm has not
sufficiently converged to the desired solution. For example,
the adjustment parameter A, is selected to represent an
approximation of the differential of the sparseness measure
with respect to the iterations. According to an embodiment,
the differentiator unit 1275 sets the adjustment parameter A,
according to equation (26):

M1 6 (=& (n-1)1 6)

Usually, at the beginning of the estimation the sparseness
measure varies by a large value until it converges to a certain
value. Then, in the case of a static channel, the sparseness
measure stays nearly constant. For time-varying channels, the
sparseness measure varies only by a small amount after the
initial phase. Hence, equation (26) ensures that the adjust-
ment term is active only as long as it is useful during estima-
tion. For example, for a static channel the weight is continu-
ously decreased, whereas each channel change triggers an
increase of the weight. The constant y may be selected accord-
ing to application constraints.

According to another embodiment, the adjustment param-
eter A, is defined on the basis of an averaged time derivative of
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the sparseness measure. For example, the adjustment param-
eter A, is defined as in equations (27a), (27b):

M1 (- § (a1)) @79)

M) =Bhy()+(1-P)hy (1)

In equation (27b) a forgetting factor [} gives the weight of
the current adjustment parameter A, with regard to that of the
previous iteration and allows control of the short-time aver-
aging in a way to remove the influence of noise. The forget-
ting factor 3 can be set according to the application or can be
adapted to current noise conditions.

While FIG. 3E shows an example of the configuration of
the sub-units of the estimator unit 120, other embodiments
may provide other configurations. For example, the embodi-
ment of FIG. 3F provides an inverse transformation unit 126
providing an inverse discrete Fourier at the output of the
iteration unit 125 and supplies the time-domain impulse
response vectors output by the iteration unit 125 to the sparse-
ness evaluation unit 127. The modification takes place in the
time-domain. An additional transformation unit 123 applies a
discrete Fourier transform unit 123 on the modified impulse
response vectors to obtain modified frequency-domain chan-
nel vectors. The frequency-domain channel vectors are sup-
plied for the next iteration step. With the embodiment of F1G.
3F each iteration step is based on the sparseness measure of
the channel vectors of the preceding iteration step.

The diagram in the upper half of FIG. 4 shows an estimated
channel impulse response for an algorithm that does not con-
sider sparseness. The diagram in the lower half of FIG. 4
visualizes the effect of an algorithm according to the embodi-
ments aiming at increasing the sparseness of the channel
estimation under the assumption that the real transmission
channel shows high sparseness. The diagrams are for illus-
trative purposes only and do not reproduce actual measure-
ment or simulation results.

Since the estimation unit 120 does not synchronize in time
with the receive signals, the receive signal may be sampled at
a sample rate (sample frequency) that is higher than an upper
frequency limit of the receive signal, i.e. the receive signal is
oversampled. For example, the sample rate is twice the upper
frequency limit of the receive signal. As a result, the sampled
receive signal may also contain portions from outside the
receive signal representing out-of-band energy. The out-of-
band energy is assigned to a frequency range between the
upper frequency limit of the receive signal and the sample
frequency. The out-of-band energy increases the number of
possibilities for a channel estimate and may lead to a miscon-
vergence of the estimate. Applying an iteration algorithm that
modifies the cost function using a term that is continuously
adapted to the channel behaviour reduces the number of pos-
sibilities for the channel estimates and results in a more con-
vergent behaviour of the iteration algorithm.

According to an embodiment, the estimator unit 120 may
further include a detecting unit 128a and a power limiting unit
128b. The detecting unit 128a may detect a misconvergence
of the iteration algorithm or a criterion that potentially may
result in a misconvergence. For example the detecting unit
128a may evaluate differences between two or more consecu-
tive estimates for the channel vectors. When at a certain
iteration step the differences between two or more consecu-
tive estimates for the channel vectors exceed a predetermined
threshold, the detecting unit 1284 may output a control signal
indicating a misconvergence to the power limiting unit 1285.
According to an embodiment, the detecting unit 128 deter-
mines the out-of-band signal energy of the estimated channel
vectors and outputs a control signal indicating a potential

(27b)
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misconvergence if the determined out-of-band energy
exceeds a predetermined threshold. The evaluation of the
out-of-band energy may be performed adaptively by using
varying thresholds depending on a previously applied thresh-
old and the currently estimated channel vectors.

In response to the control signal, the power limiting unit
1285 may attenuate the out-of-band frequency portions in the
estimated channel vectors and the iteration algorithm contin-
ues with the attenuated estimated channel vectors in the next
iteration step. The out-of-band frequency portions are por-
tions in a frequency range between the upper frequency limit
of' the receive signal and the sample frequency. According to
an embodiment, the power limitation or clipping may be
performed iteratively. The power limiting unit 1285 may
release or successively decrease the attenuation of the higher
frequency portions when the detecting unit 1284 detects a
more convergent behaviour of the iteration algorithm and
outputs a corresponding control signal.

The attenuation of the higher frequency portions may start
for frequencies just below the sample frequency and may
successively proceed to lower frequencies. According to
another embodiment, first a small attenuation is applied to
nearly all frequency components between the upper fre-
quency edge of the receive signal and the sample frequency
and the degree of attenuation is gradually increased. Other
embodiments may combine both approaches. The power lim-
iting unit 1285 may be provided in a signal path between an
output of the iteration unit 125 and an input of the storage unit
129 or in a signal path between an output of the storage unit
129 and inputs of the iteration and error calculator units 125,
124.

According to an embodiment, the detecting unit 128a
determines an out-of-band energy of the estimated fre-
quency-domain channel vectors. When the determined
energy exceeds a predefined threshold, the detecting unit
128a outputs a control signal to the power limiting unit 1285.
In response to the control signal the power limiting unit 1285
limits/clips the power used for the estimate in the over-
sampled areas in order to control the estimation process in
these areas to obtain power-limited estimated channel vec-
tors. Applying a power limitation in the out-of-band areas
reduces the number of possibilities for the channel estimates
and results in a more convergent behaviour of the iteration
algorithm.

According to a further embodiment, the estimator unit 120
includes an SNR unit 12554 that outputs SNR information
descriptive for current signal-to-noise ratio values of the
channels. The inventors could observe a linear relationship
between the cost function in logarithmic scale and the SNR
value for small SNR values up to about 30 dB when the cost
function has converged. Since wireless communications pro-
vides low transmission power and deals with missing line of
sight, fading and other distortions, typically a low SNR below
30 dB is observed at the receiver side. Hence the linearity
between the converged cost function and the SNR as given in
equation (28) is applicable for many applications.

SNR=-10-log, o())-0 (28)

In equation (28) o is a constant offset of about 8 to 10 dB,
typically about 9 dB. The SNR unit 1255 may output the SNR
information to further sub-units of the signal processing unit
120, for example to a demodulator unit for further equalizing
the combined signal. According to another embodiment, the
SNR information is used to adapt the step size parameter pF
for the iteration algorithm or to generate a control signal to
select a diversity selection scheme in a diversity combining
unit.
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According to a further embodiment, a window adjustment
unit 125¢ measures a CBW (coherence bandwidth) of the
current estimated channel transfer functions and adjusts the
observation window length L for the iteration algorithm,
which is, by way of example, a MCFLMS or MCNFLMS
(multi-channel normalized frequency least mean squares)
algorithm, to keep the window length as small as possible.
The window adjustment unit 125¢ may estimate the CBW
(coherence bandwidth) by convolution of each current esti-
mated channel transfer functions. The window adjustment
unit 125¢ may increase the window length . when the mea-
sured CBW appears to be limited by the observation window.
The window adjustment unit 125¢ may decrease the window
length I when the measured CBW appears to be notably
larger than the observation window theoretically allows.
Adjusting the observation window length mitigates both
potential channel order overestimation and loss of orthogo-
nality in case of fast-fading channels.

According to a further embodiment, the window adjust-
ment unit 125¢ measures a CT (channel coherence time) on
the basis of the previous estimated channel transfer functions
and adjusts the observation window length L. accordingly.
The window adjustment unit 125¢ may decrease the window
length [ when the measured CT appears to be notably shorter
than the observation window. The window adjustment unit
125¢ may increase the window length I, when the measured
CT appears to be notably larger than the observation window.
Where the CBW and the CT estimation results lead to con-
tradictory results for the observation window length L, the
window adjustment unit 125¢ adjusts the observation window
length L such that the overall system performance is opti-
mized, e.g. a BER (bit error rate) is minimized.

The signal processing unit 120 may use the results for the
estimated channel order (observation window length) for
adjusting the computational complexity, for example by fre-
quency-domain sub-sampling where the process is performed
only every pth frequency tap with p>1 or by time-domain
sub-sampling, where the process is performed only every qth
signal block with observation window length [. and g>1,
wherein p and/or q are selected proportional to the estimated
channel order, by way of example.

The signal processing unit 100 of the above-described
embodiments and each of its sub-units may be realized in
hardware, in software or as a combination thereof. Some or all
of the sub-units of the signal processing unit 100 may be
integrated in a common package, for example in an IC (inte-
grated circuit), an ASIC (application specific circuit) ora DSP
(digital signal processor).

FIG. 5 refers to a method of operating a receiver apparatus.
On the basis of previous estimated frequency-domain channel
vectors, sparseness information is obtained that is descriptive
for a change of sparseness in the estimated frequency-domain
channel vectors (502). From the sparseness information and a
plurality of receive signals, estimates for frequency-domain
channel vectors of transmission channels are updated on the
basis of a blind channel estimation algorithm exploiting both
the sparseness information and cross-relations between pairs
of receive signals (504). Thereby each receive signal is
assigned to another one of the transmission channels and all
receive signals originate from the same transmit signal.

A further embodiment refers to a signal processing unit
that includes an estimator unit, a detecting unit and a power
limiting unit. The estimator unit estimates, from a plurality of
receive signals, frequency-domain channel vectors of trans-
mission channels on the basis of an iterative blind channel
estimation algorithm exploiting cross-relations between pairs
of receive signals, wherein each receive signal is assigned to
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another one of the transmission channels and originates from
the same transmit signal. The detecting unit detects, on the
basis of the frequency-domain channel vectors, a misconver-
gence behaviour of the blind channel estimation algorithm or
an excess condition for out-of-band energy in a frequency
range between an upper frequency limit of the receive signal
and a sample frequency and outputs a control signal indicat-
ing a misconvergence behaviour or an excess condition. The
power limiting unit limits a signal energy in a frequency band
edge area of the frequency-domain channel vectors in
response to the control signal. The power limiting unit may
limit the signal energy in the frequency band edge area adap-
tively in response to currently and/or previously estimated
frequency-domain channel vectors, wherein the blind chan-
nel estimation algorithm proceeds with the energy-limited
estimated frequency-domain channel vectors. The blind
channel estimation algorithm is improved, whether or not the
blind channel estimation algorithm uses sparseness informa-
tion concerning a change of sparseness in the estimated chan-
nel.

A further embodiment refers to a signal processing unit
thatincludes an estimator unit and an SNR unit. The estimator
unit estimates from a plurality of receive signals, frequency-
domain channel vectors of transmission channels on the basis
of an iterative blind channel estimation algorithm exploiting
cross-relations between pairs of receive signals, wherein each
receive signal is assigned to another one of the transmission
channels and originates from the same transmit signal. The
SNR unit outputs SNR information descriptive for current
signal-to-noise ratio values of the channels on the basis of the
values of a cost function minimized by the iterative blind
channel estimation algorithm. The SNR unit may adjust a
predefined step size parameter of the blind channel estimation
algorithm on the basis of the values of the cost function. The
blind channel estimation algorithm is improved, whether or
not the blind channel estimation algorithm uses sparseness
information.

Each of the above embodiments improves existing blind
channel estimation algorithms. In combination with diversity
combining, where state-of-the-art receiver diversity tech-
niques are based on partial knowledge of the channel transfer
function and therefore require a demodulator to be instanti-
ated for each receive signal, the described embodiments may
solve this short-coming by means of realizing blind diversity
combining before demodulation. The “blind” diversity com-
bining exploits the fact that the knowledge of cross-relations
between the channels suffices to apply diversity combining at
a profit. The approach can be applied to a wide range of
communication systems. Costs for diversity receivers can be
significantly reduced.

CROSS-REFERENCE TO RELATED
APPLICATIONS

The present application claims priority of EP patent appli-
cation No. 12 001 057 .4 filed on 17 Feb. 2012 and EP patent
application No. 12001058.2 filed on 17 Feb. 2012, the entire
contents of which are incorporated herein by reference.

The invention claimed is:

1. A signal processor comprising:

circuitry configured to

receive a plurality of receive signals, and

estimate, from the plurality of receive signals, frequency-

domain channel vectors of transmission channels based
on an iterative blind channel estimation algorithm,
which exploits cross-relations between pairs of the
receive signals and which is modified by a term consid-
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ering a change in a sparseness measure obtained from
the estimated frequency-domain channel vectors,

wherein each said receive signal is assigned to another one
of the transmission channels and originates from a same
transmit signal.

2. The signal processor of claim 1, wherein

the circuitry is further configured to combine the receive
signals based on combining coefficients derived from
the estimated frequency-domain channel vectors to
obtain a combined receive signal representing an esti-
mation of the transmit signal transmitted through the
transmission channels.

3. The signal processor of claim 2, wherein

the circuitry is further configured to apply maximum ratio
combining by determining, from the estimated fre-
quency-domain channel vectors or time-domain channel
impulse response vectors derived therefrom, filter coef-
ficients for matched filters, each said matched filter
matching with the estimated time-domain channel
impulse response of one of the transmission channels.

4. The signal processor of claim 1,

wherein the circuitry is further configured to estimate the
frequency-domain channel vectors based on an iterative
algorithm that minimizes a cost function, and

wherein the iterative algorithm updates the frequency-do-
main channel vectors based on previous frequency-do-
main channel vectors, a predefined step size parameter,
a current block error sequence vector and a current
sparseness measure indicating a change in sparseness in
the estimated channel vectors.

5. The signal processor of claim 4, wherein

the current block error sequence vector represents a Fou-
rier-transformed of block error signals between pairs of
the receive signals, each said block error signal resulting
from a deviation between a result of a convolution of one
of the receive signals received through a first transmis-
sion channel with an estimated impulse response of a
second transmission channel and a result of a convolu-
tion of another of the receive signals received through
the second transmission channel with an estimated
impulse response of the first transmission channel, the
iterative algorithm using second-order cross-correlation
information about the pairs of the receive signals.

6. The signal processor of claim 1, wherein the circuitry is

further configured to

obtain the sparseness measure, which contains sparseness
information for the estimated frequency-domain chan-
nel vectors, and

adjust the estimated frequency-domain channel vectors
based on an adjustment term containing the obtained
sparseness measure.

7. The signal processor of claim 4, wherein

the iterative algorithm adjusts the updated estimated fre-
quency-domain channel vectors to increase the sparse-
ness measure.

8. The signal processor of claim 4, wherein

the iterative algorithm adjusts the updated estimated fre-
quency-domain channel vectors based on an averaged
time derivative of the sparseness measure.

9. The signal processor of claim 4, wherein

the iterative algorithm adjusts the updated estimated fre-
quency-domain channel vectors such that for each said
frequency-domain channel vector a sum of channel
coefficients is minimized and a signal energy for each
said frequency-domain channel vector is maintained.



US 9,401,826 B2

21

10. The signal processor of claim 4, wherein

the circuitry is further configured to output Signal-to-Noise
Ratio (SNR) information descriptive for current signal-
to-noise ratio values of the transmission channels based
on the values of the cost function.

11. The signal processor of claim 10, wherein

the circuitry is further configured to adjust a predefined
step size parameter based on the values of the cost func-
tion.

12. The signal processor of claim 11, wherein

the circuitry is further configured to

detect, based on the frequency-domain channel vectors, a
misconvergence behavior of the iterative blind channel
estimation algorithm or an excess condition for out-of-
band energy in a frequency range between an upper
frequency limit of the receive signal and a sample fre-
quency, and

output a control signal indicating the misconvergence
behavior or the excess condition.

13. The signal processor of claim 12,

wherein the circuitry is further configured to limit a signal
energy in frequency band edge areas of the estimated
frequency-domain channel vectors in response to the
control signal, and

wherein the iterative blind channel estimation algorithm
proceeds with the energy-limited estimated frequency-
domain channel vectors.

14. The signal processor of claim 1, wherein

the circuitry is further configured to

measure a coherence bandwidth of the estimated fre-
quency-domain channel vectors, and

adjust an observation window length for the iterative blind
channel estimation algorithm based on the measured
coherence bandwidths.

15. The signal processor of claim 14, wherein

the circuitry is further configured to

increase the observation window length when the mea-
sured coherence bandwidth is limited by the observation
window, and

decrease the observation window length when the mea-
sured coherence bandwidth is larger than the observa-
tion window allows.

16. The signal processor of claim 14, wherein

the circuitry is further configured to

measure a channel coherence time based on previous esti-
mated frequency-domain channel vectors, and

adjust the observation window length based on the mea-
sured channel coherence time.

17. The signal processor of claim 16, wherein

the circuitry is further configured to

decrease the observation window length when the mea-
sured channel coherence time appears to be shorter than
the observation window, and

increase the observation window length when the mea-
sured channel coherence time appears to be larger than
the observation window.

18. An integrated circuit comprising the signal processor

according to claim 1.

19. An electronic device comprising:

the signal processor according to claim 1; and

a plurality of tuner circuits, each said tuner circuit being
configured to tune to a carrier frequency of the transmis-
sion signal and to output an analog receive signal,

wherein each said analog receive signal is assigned to one
of the transmission channels.

20. A method of operating a receiver apparatus, the method

comprising:
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obtaining, based on previous estimated frequency-domain
channel vectors, a sparseness measure containing infor-
mation descriptive for a sparseness of the previous esti-
mated frequency-domain channel vectors using cir-
cuitry of the receiver apparatus; and

estimating, using the circuitry of the receiver apparatus,
from a plurality of receive signals, current frequency-
domain channel vectors of transmission channels based
on an iterative blind channel estimation algorithm
exploiting cross-relations between pairs of the receive
signals,

wherein the iterative blind channel estimation algorithm is
modified based on a change of the sparseness measure
obtained from the estimated frequency-domain channel
vectors, and

wherein each said receive signal is assigned to another one
of the transmission channels and originates from a same
transmit signal.

21. The method according to claim 20, further comprising:

combining, using the circuitry of the receiver apparatus,
the receive signals based on combining coefficients
derived from the estimated frequency-domain channel
vectors to obtain a combined receive signal representing
an estimation of the transmit signal transmitted through
the transmission channels.

22. The method according to claim 21, wherein said com-

bining includes:

determining, from the estimated frequency-domain chan-
nel vectors or time-domain channel impulse response
vectors derived therefrom, filter coefficients for matched
filters, each said matched filter matching with the esti-
mated channel impulse response of one of the transmis-
sion channels; and

applying a maximum ratio combining scheme on the
receive signals.

23. The method according to claim 20, wherein

said estimating the frequency-domain channel vectors
includes applying an iterative algorithm minimizing a
cost function,

wherein the iterative algorithm provides updating the fre-
quency-domain channel vectors based on a current fre-
quency-domain channel vector, a predefined step size
parameter, a current block error sequence vector and a
current sparseness measure.

24. The method according to claim 23,

wherein the current block error sequence vector represents
a Fourier-transformed of block error signals between
pairs of the receive signals, each said error signal result-
ing from a deviation between a result of a convolution of
one of the receive signals received through a first trans-
mission channel with an estimated impulse response of
a second transmission channel and a result of a convo-
Iution of another of the receive signals received through
the second transmission channel with an estimated
impulse response of the first transmission channel, and

wherein the iterative algorithm uses second-order stochas-
tic cross-correlation information about pairs of the
receive signals.

25. The method according to claim 20,

wherein the sparseness measure is obtained using sparse-
ness evaluation circuitry that evaluates the sparseness
measure based on the estimated frequency-domain
channel vectors, and

wherein the estimated frequency-domain channel vectors
are adjusted, before a next iteration, based on an adjust-
ment term containing the obtained sparseness measure.
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26. A signal processing system comprising:

estimator circuitry configured to estimate, from a plurality
of receive signals, frequency-domain channel vectors of
transmission channels based on an iterative blind chan-
nel estimation algorithm exploiting cross-relations
between pairs of the receive signals, each said receive
signal being assigned to another one of the transmission
channels and originating from a same transmit signal;

detecting circuitry configured to detect, based on the fre-
quency-domain channel vectors, a misconvergence
behavior of the iterative blind channel estimation algo-
rithm or an excess condition for out-of-band energy in a
frequency range between an upper frequency limit of the
receive signal and a sample frequency and to output a
control signal indicating the misconvergence behavior
or the excess condition; and

power limiting circuitry configured to limit a signal energy
in frequency band edge areas of the frequency-domain
channel vectors in response to the control signal,

10

15

24

wherein the iterative blind channel estimation algorithm
proceeds with the energy-limited estimated frequency-
domain channel vectors.

27. A signal processing system comprising:

estimator circuitry configured to estimate, from a plurality
of receive signals, frequency-domain channel vectors of
transmission channels based on a blind channel estima-
tion algorithm exploiting cross-relations between pairs
of the receive signals, each said receive signal being
assigned to another one of the transmission channels and
originating from a same transmit signal; and

Signal-to-Noise Ratio (SNR) circuitry configured to out-
put SNR information descriptive for current signal-to-
noise ratio values of the transmission channels based on
values of a cost function minimized by the blind channel
estimation algorithm.

#* #* #* #* #*



